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(54) Method and apparatus for multi-channel acoustic echo cancellation

(57) In a multi-channel acoustic echo cancellation,

received signals in a plurality of channels are radiated

as acoustic signals by a plurality of loudspeakers,

received signal vectors in these channels are combined

into a combined vector and a rearranged received sig-

nal vector in the case of at least two channels being

exchanged is generated. By inputting the combined

received signal vector into an echo replica generating

part which simulates echo paths from the loudspeakers

to at least one microphone, an echo replica is gener-

FIG.7

ated. The echo replica is subtracted from an echo out-

put from the microphone to obtain a residual echo.

Based on the relationship between the received signal

vector and the corresponding residual echo and

between the rearranged received signal vector and the

corresponding approximated residual echo, an adjust-

ment vector is obtained which is used to adjust the esti-

mated echo path vector representing an impulse

response of the echo replica generating part.
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Description

BACKGROUND OF THE INVENTION

5 The present invention relates to a method and apparatus for multi-channel acoustic echo cancellation which cancel

room echoes which would otherwise cause howling and present psycho-acoustic problems in a teleconference system

with a multi-receive-channel system.

There have been proposed echo cancellers with a view to offering a hands-free telecommunication system which

is excellent in double-talk performance and is almost free from the influence of echoes.

10 A description will be given first, with reference to Fig. 1 , of a conventional method and apparatus for one-channel

acoustic echo cancellation. In the hands-free telecommunication, there are two cases where the received signal pro-

vided at a received signal input terminal 1 1 is reproduced intact by a loudspeaker 12 and where the received signal is

reproduced by the loudspeaker 12 after being subjected to some processing by a received signal processing part 13

which automatically controls its gain in accordance with the amplitude, power or the like of the received signal. On this

15 account, the received signal x
t
(k) mentioned herein is not limited specifically to the received signal itself from the per-

son talking at the other end but also indicates the processed received signal when the received signal processing part

13 is provided, k represents a discrete time index. An echo canceller 14 cancels an echo y^k) which is produced when

the received signal x-| (k) from the loudspeaker 1 2 is picked up by a microphone 1 6 after propagating over an echo path

15. The echo y 1
(k) can be modeled as a signal which can be obtained by the following convolution with the impulse

20 response of the echo path 15 at time k represented by h^Ck.n):

y 1
(k) = Ih

11
(k,n)x

1
(k-n) (1)

where £ indicates the summation from n=0 to L-1 , L being the number of taps, which is a constant preset corresponding

25 to the reverberation time of the echo path 15. In the first place, received signals x^k) at times back to L-1 are stored in

a received signal storage/vector generating part 1 7. The received signals thus stored are output as a received signal

vector x^k), which is given as follows:

X] (k) = [x
1
(k).x

1
(k-ll.-.x

I
(k-L+l)]

T
(2)

where (*)
T

indicates a transpose of vector. An echo replica generating part 18 calculates the inner product of the

received signal vector x-i(k) of Eq. (2) and an echo replica vector itu (k) obtainable from an echo path estimating part

35 19 as follows:

J,(k) -fi* (k)x,(k) (3)

40 As a result, an echo replica y ^k) is generated. This inner product calculation is equivalent to such a convolution as Eq.

(1). The echo path estimating part 19 generates the echo replica vector h-n(k) that is used in the echo replica gener-

ating part 1 8. The most common algorithm for this echo path estimation is the NLMS (Normalized Least Mean Squares)

algorithm. With the NLMS algorithm, the received signal vector x^k) at time k and a residual echo e^k), i.e. the follow-

ing error obtained by subtracting the echo replica from the output of the microphone 16 with a subtracter 21

,

45

e^-yiM-YiM (4)

are used to calculate an estimated echo path vector h 11 (k+1) which is used at time k+1
,
by the following equation:

fi„(k+l) = fi
11

(k) + ae,(k)x
1
(k)/{x|(k)x

I
(k)} (5)

where a is called a step size parameter, which is used to adjust adaptation within the range of 0<a<2. By repeating the

above processing, the echo path estimating part 19 is allowed to gradually converge the estimated echo path vector

55 h^k) toward an echo path vector h^k) which has, as its elements, a time sequence of impulse responses h^M) of

the true echo path 15 given by the following equation:

2
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h M (k) - [h n (k,0),h n (U), -,h n (k,L-l)]
T

(6)

5 As the result of this, the residual echo ejfk) given by Eq. (4) can be reduced.

- In general, a teleconference system of the type having an N(^2)-receive-channel system and an M£1)-pickup-

- channel system employs, for echo cancellation, such a configuration as shown in Fig. 2. That is, an echo cancellation

system 23 is implemented in which N-channel echo cancellers 22 1t 222 22M for processing N-inputs-one-output

time sequence signals are each connected between all the N channels of the receive (loudspeaker) side and one chan-

10 nel of the pickup (microphone) side. In this instance, the echo cancellation system 23 has a total of N x M echo paths

1

5

nm (where 1 snsN and 1 ^rrtsM). The N-channel echo cancellers 22h 222 22M , which are each connected between

all of the N channels of the receive side and one channel of the pickup side, have such a configuration as depicted in

Fig. 3, which is an extended version of the configuration of the echo canceller 14 shown in Fig. 1. This is described in

detail, for example, in B. Widrow and S.D. Stearns, "Adaptive Signal Processing," Prince-Hall, Inc., pp.198-200 (1985).

is Now, consider the N-channel echo canceller 22m having its pickup side connected to an m-th (where 1£m£M) pickup

channel. The echo ym(k) which is picked up by the m-th channel microphone 16m is created by adding together respec-

tive received signals of all receive channels at the pickup side after propagation over respective echo paths 151m

through 15nm . Hence, it is necessary to devise how to make the echo path estimation by evaluating only one residual

echo em(k) in common to all the channels. In the first place, for the received signal Xp(k) of each channel, the following

20 received signal vectors are generated in the received signal storage/vector generating parts 1 7^ , 1

7

2 1

7

N :

x,(k) - [x
1
(k),x

1
(k-l),-,x,(k-L, + l)]

T
(7)

„ x
2
(k) - [x 2

(k),x 2
(k-l), ",x

2
(k-L, + l)]

T
(8)

x N (k) - [x N (k),x N (k-l),-,xN (k-LN +l)]
T

(9)

30

where L
1 , l_2 Ln are numbers of taps, which are constants preset in correspondence with the reverberation times of

the echo paths 151m ,
152m , .... 15Nm . The vectors thus generated are combined in vector combining part 24 as follows:

35
x(k) = [x| (k), x] (k), ... ,xl (k)]

T
(10)

Also in the echo path estimating part 19m , estimated echo path vectors him (k). hgmM. • • •
. hNm(k)< which are used

to simulate N echo paths between the respective receive channel and the m-th pickup channel, are combined as fol-

40 lows:

A [AT AT AT IT
h m (k) - [him (k), h2m(k), ...,hNm(k)J (11)

45

In the case of using the NLSM algorithm, the updating of the combined estimated echo path vector hm(k) is done as

follows:

« h m (k+l)= h m (k)+aem (k)x(k)/{xT (k)x(k)} (12)

In the echo replica generating part 18m , an echo replica ym(k) for the echo ym(k) picked up in the m-th pickup channel

by the following inner product calculation:

55

y m (k) = hl(k)x(k) (13)

3
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By combining the vectors in the respective channels into one vector, the flow of basic processing becomes the same as

in the one-channel echo canceller of Fig. 1

.

Ofthe shortcomings of the conventional echo cancellation system for application to the teleconference system

composed of an N-receive-channel system and an M-pickup-channel system, the shortcoming that the present inven-

5 tion is to solve will be described with respect to a concrete example.

In 4he application of the conventional echo cancellation system to a two-channel stereo teleconference system

Which sends and receives signals between points A and B over two channels as shown in Fig. 4, there arises a problem

that each time the speaker at the point A moves or changes, acoustic echoes from the point B by the speech at the point

A increases even if the echo paths on the part of the point B remain unchanged. This problem is created by an incorrect

w echo path estimation in the echo cancellation system on the part of the point B.

To explain this problem, attention is paid to the operation of an echo canceller 22bj connected to a first pickup

channel which is one of echo cancellers of two channels forming the echo cancellation system at the point B. To clarify

the operation of each receive channel, each element of the afore-mentioned combined vector which corresponds to one

of the receive channels will hereinafter be identified in distinct form. Let x^k) and x2(k) represent received signal vec-

75 tors in the two channels at the point B side. Letting echo path vectors of true echo paths 1 5! ^ and 152! °* ^e receive

channels be represented by hn (k) and h21 (k), respectively, an echo y^k) which is picked up via the echo paths ^5U
and 1521 is 9iven by

20 y ,
(k) = h]

x

(k) x
,
(k) + hj (k) x

2
(k) (14)

On the other hand, an echo replica y^k) which is generated in the echo canceller 22bt is given by the following equa-

tion using estiamted echo paths hn(k) and h 2i(k) that are generated in the echo canceller 22bv

y i (k) = h n (k) x, (k) + hli (k)

x

2
(k) (15)

When the same speaker speaks or utters at the point A, the receievd signal vectors x^k) and x2(k) have a very strong

30 cross-correlation. When the received signal vectors x^k) and x2(k) have a constant cross-correlation, the combined

vector [h Ti (k), h 21 (k)] as the solution of the following equation exists infinitely, forming a subspace Hx inhrent to the

cross-correlation between the received signal vectors x^k) and x2(k).

yi(k) = y!(k) (16)

35

On this account, in the case of using such an ordinary iterative error minimization algorithm as the NLMS algorithm, the

combined vector [h ii (k), h 21 (k)] converges to a point where the distance from the initial value to the subspace Hx is

minimum; in general, it does not converge to the trrue value [h {1 (k), h 21 (k)].

For simplicity, consider the case where the received signal vectors x^k) and x2(k) are expressed by the following

40 equations using constant scalar values pi and p2 and the original signal vector s(k).

x,(k) =» p 1
s(k), x

2
(k) = p2s(k) (17)

45 The subspace Hx where the combined vector [h |i (k), ti 21 (k)] is allowed to exist can be regarded as a straight line in

Fig. 5 which satisfies the following equation.

p, h 11 (k) + p2 h2i (k) = p, hn (k) + p2
h
21

(k) (18)
50

When the adaptation starts from the initial value 0, the point of convergence [ti Ti (k), ft 21 (k)] is obtained as follows:

55
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- h up (k) = pf { h „ (k) + Pa h 2I
(k) / Pl }

/
( p} + pi J

* h „ (k) (19)

h2i P (k) = p^{ Pl h n (k)/p 2 + h 2I (k)}/(p? + p*)* h
21 (k) (20)

Consequently, Eq. (18) is no longer satisfied upon variation in the rate between the scalar values p-| and P2, making

jo echo cancellation impossible and hence resulting in an increase in the acoustic echo returning to the speaker at the

other end.

As will be understood from the above, in the application of the conventional echo cancellation system to the tele-

communication system composed of an N-receive-channel system and an M-pickup-channel system, if received sig-

nals of respective channels have a cross-correlation, the estimation of echo paths cannot correctly be made-this gives

75 rise to the problem that the echo increases upon each variation in the cross-correlation between the received signals.

SUMMARY OF THE INVENTION

It is therefore an object of the present invention to provide a method and apparatus for multi-channel acoustic echo

20 cancellation which permit echo cancellation even if received signals have the afore-mentioned cross-correlation in the

conventional multi-channel acoustic echo cancellation system.

According to the principle of the present invention, the adjustment vector for the estimated echo path is derived

through utilization of the input-output relationships which are actually observable when received signals of respective

channels are input into echo paths after being reproduced intact as acoustic signals by loudspeakers in the correspond-

25 ing channels and the outputs from the echo paths are picked up by each microphone, and approximated unknown or

imaginary input-output relationships based on inputs into the echo paths when some or all of the received signals in

each channel are exchanged and reproduced as acoustic signals in a different channel and outputs which are picked

up by each microphone as acoustic signals after propagation over the echo paths.

The multi-channel acoustic echo cancellation method according to the present invention comprises the steps of:

30

(a) reproducing received signals of a plurality of channels as acoustic signals by a plurality of loudspeakers respec-

tively corresponding thereto;

(b) adding the acoustic signals from the plurality of loudspeakers by each microphone after propagating over

respective echo paths to obtain an observable echo;

35 (c) storing the received signals of the plurality of channels for predetermined periods of time and forming received

signal vectors by the stored received signals for each channel;

(d) combining the received signal vectors in all the channels into observable combined received signal vectors;

(e) providing the combined received signal vectors to estimated echo paths having combined estimated echo path

vectors which converge to combined vectors of the echo path vectors represented by impulse responses of the

40 respective echo paths, whereby is generated an echo replica simulating the observable echo, the combined

received signal vectors and the corresponding echo corresponding to the observable input-output relationships of

the plurality of echo paths;

(f) subtracting the echo replica from the echo to obtain a residual echo;

(g) calculating an approximated echo replica in the case where combined exchanged received signal vectors,

45 obtained when at least two received signals of the plurality of channels, are provided to the estimated echo paths;

(h) approximating an echo which ought to be obtained by each microphone when the received signals exchanged

as in step (g) propagate thereto over the plurality of echo paths;

(0 substracting the approximated echo replica from the approximated echo to obtain an approximated residual

echo;

so
(j) evaluating observable input-output relationships representing the relationships between the observed combined

received signal vectors and the corresponding observable residual echo and approximated input-output relation-

ships representing the relationships between the combined exchanged received signal vectors and the approxi-

mated residual echo and obtaining the adjustment vector based on the evaluation; and

(k) adjusting the estimated echo path vector by the adjustment vector.

55

The multi-channel acoustic echo canceller according to the present invention comprises:

a plurality of loudspeakers for reproducing received signals in a plurality of channels into acoustic signals and for

outputting them;

5
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a microphone connected to at least one transmission channel, acoustic paths of the acoustic signals from the plu-

rality of loudspeakers to the microphone forming echo paths and the acoustic signals picked up by the microphone

and combined into an echo for input into the transmission channel;

a received signal vector generating part for temporarily storing the received signals of the plurality of channels and

for generating each received signal vector;

a vector combining part for combining the received signal vectors of the plurality of channels into combined

received signal vectors;

an echo replica generating part supplied with the combined received signal vectors and combined estimated echo

path vectors simulating the combined echo path vectors obtained by combining echo path vectors representing

impulse responses of the echo paths from the plurality of loudspeakers to the microphone, for outputting an observ-

able echo replica simulating the echo;

a subtracter for subtracting the echo replica from the echo output from the microphone and for outputting the differ-

ence as an observable residual echo;

a vector permuting/combining part for generating combined rearranged received signal vectors obtained by com-

bining the received signals of the plurality of channels after rearranging at least two received signals of the plurality

of channels; and

an echo path estimating part supplied with at least the observable combined received signal vectors and the

observable residual echoes corresponding thereto, for obtaining approximated echo replica in the case of applying

each of the combined received signal vectors to one of the estimated echo paths, for obtaining as an approximated

echo the echo to be obtained from the microphone in the case of the received signals being exchanged, for sub-

tracting the approximated echo replica from the approximated echo to obtain an approximated residual echo, for

evaluating an observable input-output relationship representing the relation between the combined received signal

vector and the observable residual echo corresponding thereto and an approximated input-output relationship rep-

resenting the rearranged combined received signal vector and the approximated residual echo corresponding

thereto, for obtaining the adjustment vector on the basis of the evaluation, for generating an estimated echo vector

obtained by adjusting the estimated each path vector with the adjustment vector, for providing it to the echo replica

gengenerating part.

BRIEF DESCRIPTION OF THE DRAWINGS

Fig. 1 is a block diagram showing a one-channel echo canceller;

Fig. 2 is a block diagram showing a multi-channel acoustic echo cancellation system;

Fig. 3 is a block diagram showing a conventional multi-channel echo canceller;

Fig. 4 is a block diagram showing a stereo telecommunication system;

Fig. 5 is a graph showing an echo path estimating operation which is carried out when received signals have a

cross-correlation;

Fig. 6 is a diagram illustrating an example of a symmetrical arrangement of microphones and loudspeakers in a

stereo telecommunication system;

Fig. 7 is a block diagram illustrating an example of the multi-channel acoustic echo cancellation system embodying

the present invention;

Fig. 8 is a block diagram illustrating, by way of example, the configuration of the multi-channel echo canceller

embodying this invention method;

Fig. 9 is a functional block diagram illustrating the configuration of an echo path estimating part in Fig. 8;

Fig. 10 is a functional block diagram illustrating another configuration of the echo path estimating part in Fig. 8;

Fig. 1 1 is a functional block diagram illustrating the configuration of an adjustment vector calculating part in Figs. 9

and 10;

Fig. 12 is a functional block diagram illustrating another configuration of the adjustment vector calculating part in

Figs. 9 and 10;

Fig. 13 is a graph showing convergence characteristics of an error between true and estimated echo path charac-

teristics;

Fig. 14 is a graph showing the influence of a weighting coefficient assigned to an approximation error signal on the

convergence characteristic of the error signal;

Fig. 15 is a graph showing the influence of weighting coefficients v1( v2 ,
w1f w2 , orders p1f p' 1( p'2 and step sizes

\i2 on the convergence characteristic of the echo path estimation; and

Fig. 16 is a block diagram illustrating a teleconference system which is equipped with a sound image localization

function in a four-point communication.
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DESCRIPTION OF THE PREFERRED EMBODIMENTS

PRINCIPLE

5 To facilitate a better understanding of the present invention, its principle will be described first in connection with a

two-receive-channel system for the sake of brevity. As described previously with reference to Figs. 4 and 5, when the

" received signals x^k) and x2(k) are reproduced, then propagate over the corresponding echo paths h1m{k) and tWk)
and are picked up as an echo ym(k) in the m-th pickup channel (m=2 in Fig. 4), the input-output relationship in this

instance is given as follows:

10

y ra
(k) = h]m (k) x , (k) + h]m (k) x 2 (k) (21)

is When the cross-correlation between the received signal vectors x^k) and x2(k) is constant, it is impossible to uniquely

determine estimated echo path vectors him(k) and h 2m(k) which satisfy the relationship of Eq. (21), as referred to pre-

viously. Now, assuming that an echo y'm(k) is observed in the m-th pickup channel that corresponds to received signal

vectors x^k) and x'2(k) having a cross-correlation different from that between the received signal vectors x^k) and

x2(k), the following relationship is obtained as is the case with Eq. (21).

20

30

y'm (k) = h}m (k) x'
,
(k) + hL (k) x' 2 (k) (22)

25 Letting echo replicas for the m-th pickup channel when supplied with the pairs of received signals x,(k), x2(k) and x', (k),

x'2(k) be represented by ym(k) and y'm(k), they are given as follows.

y m (k) = h L (k) x
,
(k) + h L (k) x 2 (k) (23)

y

'

m (k) = ffL (k) x'
,
(k) + h L (k) x' 2 (k) (24)

35 Further, letting error signals between the echoes ym(k), y'm(k) and the echo replicas ym(k), y'm(k) be represented by

em(k) and e'm(k), respectively, and echo path estimation error vectors between the echo paths h1m(k) and h2m(k) and

estimated echo path vectors h 1m(k). h2m(k) represented by Ah1m(k) and Ah2m(k), respectively, the error vectors are

given by the following equations.

40 A

=
(
hL (k> ~ ^L (k)) x, (k) + (h ]m (k) - hL (k)) x

2
(k)

45 = Ah]
ra
(k)x

1
(k) + AhJm (k)x

2
(k) (25)

e'm (k) = y'
in (k)- y'm (k)

= (hL (k) - h L (k)) x', (k) + (hL (k) - h L (k)) x' 2 (k)
50 *

'

= A hL (k)x', (k) + A hL (k)x' 2 (k) (26)

That is, the following relationships are obtained.

55

7
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x{(k) x J 00
' (Ah lm (k5i 'e.00'

x'l (k) x'I(k)| [Ah^ (k)j
l

e'm(k)
J

(27)

The echo path estimation error vectors Ah1m(k) and Ah2m(k) cannot uniquely be derived from Eq. (27). but letting its

minimum-norm solutions be represented by Ah 1m(k) and Ah2m(k), respectively, the following relationship is obtained.

A him (k)

A h 2m (k)

x}(k) xj (k)
|

+
f em(k) '

x'[ (k) x'l (k)J ie'm(k)j
(28)

where (*)
+
indicates a generalized inverse matrix. Thus, the estimated echo vectors h 1m(k) and h2m(k) can be adjusted

using the minimum-norm solutions Ah 1m(k) and Ah2m(k) as adjustment vectors as follows:

h\m (k-f 1)= him (k) + M mAhim (k)

h 2m (k + 1) = h 2m (k) + fi Ah 2m (k)

(29)

(30)

where \im is a step size parameter. In this case, the adjustment vectors A1m h(k) and Ah 2m(k) are allowed to have a

cross-correlation different from that between the received signals x-j(k) and x2(k), and hence it is possible to estimate

the characteristic of the true echo path independently of the cross-correlation between the received signals. However,

the above discussion presupposes that the input-output relationship for the received signals x'^k) and x'2 (k) having a

cross-correlation different from that between the received signals x^k) and x2(k), expressed by Eq. (22), could be

observed. In practice, this input-output relationship is unknown. The present invention utilizes the condition in which this

input-output relationship is approximately satisfied.

It is possible to use, as the received signals x'^k) and x*2(k), arbitrary signals having a cross-correlation different

from that between the received signals x^k) and x2(k). Now, to approximately satisfy the input-output relationship given

by Eq. (22), consider the case where received signals of two channels are exchanged or reversed and reproduced as

follows:

x^W-XaW (31)

x' 2
(k) = x

1
(k) (32)

That is, when the cross-correlation between the received signals x-i(k) and x2(k) is 1 :2, for instance, the received signals

x'^k) and x'2(k) resulting from the channel exchange have a different cross-correlation 2:1. According to the present

invention, when received signals of multiple channels are reproduced, an adjustment vector is obtained by solving the

combination of exchanged or reversed received signals of two channels as shown by Eq. (28). A description will be

given of several methods for obtaining the adjustment vectors Ah 1m(k) and Ah2m(k) on this principle.

METHOD 1

Method 1 uses different weights to evaluate the observable input-output relationship expressed by Eq. (21) and the

input-output relationship of Eq. (22) which is inferred to be approximately obtained by the signal exchange based on

Eqs. (31) and (32). For example, error signals em(k) and e'n(k) are evaluated with different weights. This weighting is

divided into two: a fixed, time-invariant weight and a time-varying weight.

Method (1-a)

For example, in the case of a two-receive-channel system, the adjustment vectors are obtained by introducing

weigthing coefficients ym and ym to evaluate the errors em(k) and e'm(k) in Eq. (27) with different weights and solving

8
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the following equation.

x}(k) xj(k)
1 'Ah

Ia
(k)1 ' m m v 7

5 ^{(k) x'J (k)
j

i

Ah
2jn

(k)
j

y'mC (k)
(33)

70

Method (1-b)

The error e'm(k) is separated into a component are correlated with the error em(k) and a component decorrelated

therewith and then weighting coefficients are introduced. For example, noting the correlation between received signals,

75 the signals x*., (k) and x

*

2(k) can be separated into a portion correlated with the received signals x
1
(k) and x2(k) (second

term on the right-hand side of Eq. (34)) and the other portion (first term on the right-hand side of Eq. (34)) as expressed

as follows:

20

25

'x',(k)

x'
2
(k)

r' (k)

f x,(k)

r(k) \x
2
(k)/

r'(k) = x[(k)x', (k) + xj(k)x'
2
(k)

r(k) = x|(k)x,(k) + x
2

r
(k)x

2
(k)

+ r'(k)

r(k)

x,(k)

x
2
(k)

(34)

(35)

(36)

30 Further, by multiplying the both sides of Eq. (34) by [Ah |m (k), Ah Jm (k)] from the left-hand side and using the relation-

ships of Eqs. (25) and (26), the error e'm(k) becomes as follows:

e' m (k) =

35

(37)

From the viewpoint of the correlation between the received signals, the error e'm (k) is separated into the component cor-

related with the error em(k) (second term on the right-hand side of Eq. (37)) and the other component (first term on the

40 right-hand side of Eq. (37)). By this, Eq. (27) becomes as follows:

45

xT(k) x^k)

x'T(k) x'T(k)
i

Ab,n (k>

50 00- r'(k)

r(k)

(k)

,00
r(k)

r
(k)

(38)

Then, the component of the error e'm(k) correlated with the error em(k) and the other component are multiplied by coef-

55 ficients v and wiindependently, by which Eq. (38) becomes as follows:
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x[(k) xj(k)

x'|(k) x'J(k)

'Ah,. 00

Ah^k)

10

em 00

e' (k) - ilii^- em (k)
r(k)

m + w em (k)
r(k)

ra

(39)

This equation is solved to obtain the adjustment vectors.

is As shown by Eq. (39), by separating the error e*m(k) into the component correlated with the error em(k) and decor-

related component and weighting the respective components independently of each other, the resulting adjustment

vectors match those obtainable with the afore-mentioned NLMS algorithm when setting v=0 and w=1 . Further, setting

v=1 and w=0 has a physical meaning which corresponds to the calculation of the adjustment vectors on the basis of

that component of the error e'm(k) obtained converning the approximated input-output relationships which is not corre-

20 lated with the error em(k) obtained concerning the observable input-output relationships.

One possible method that is employed in the case of varying the weighting coefficients with time as mentioned

above is to vary them in accordance with the degree of convergence of the estimated echo path vector to the true echo

path vector as will be described later on. For example, in Method (1 -a), the weighting coefficient ym(k) is chosen to be

equal to 1 and ym(k) smaller than 1 , whereas when the degree of simulation of the true echo path is low, the weighting

25 coefficient y'm (k) is chosen to be larger but not in excess of 1 . In Method (1 -b), when the degree of simulation is low, the

coefficients v and w are set to 0 and 1 ,
respectively, as in the past, and as the degree of simulation increases, the values

of the coefficients v and w are varied accordingly.

To evaluate the degree of simulation, use is made of at least one of the ratio between the echo ym (k) and the resid-

ual echo (i.e. error signal) em(k), the average power ratio between the echo and the residual echo, the absolute value

30 of the residual echo and the average power of the residual echo.

METHOD 2

Next, a description will be given of a concrete method for obtaining the vectors Ahlm(k) and Ah2m(k) in Eq. (28) in

35 the description of the principle of the present invention or Eqs. (33) and (39) in Methods (1-a) and (1 -b).

Unknown input-output relationships approximated between inputs into echo paths when some or all of the received

signals of respective channels are exchanged and reproduced as acoustic signals from channels different from their

original channels and outputs to be produced when the above inputs are picked up as echo signals by microphones

after propagation over the corresponding echo paths. This approximation is made through utilization of known input-

40 output relationships actually observed when the received signals xm(k) of respective channels are reproduced intact as

acoustic signals and picked up by microphones after propagating over the corresponding echo paths, the residual echo

(an error signal) for the evaluation of the input-output relationships and the similarity of the echo paths. This can be

done by such concrete methods as described below.

45 Method (2-a)

This method utilizes the similarity of echo paths on the assumption that equivalent echo paths are formed between

loudspeakers and microphones of physical arrangements similar in terms of the distance therebetween and their orien-

tation. For example, when the receive and the pickup system are both two-channel, the input-output relationships for

so the respective pickup channels are as follows:

y , (k) = h{, (k) x , (k) + hi (k) x 2 (k) (40)

y 2 (k) = h}2 (k) x , (k) + hL (k) x 2 (k) (41)

Now, supposing that when loudspeakers 12,, 122 and microphones 16
1
and 16, are arranged bilaterally symmet-

10
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rical, including their directional patterns, as shewn in Fig. 6, the following equations hold

hu (k) = h 22 (k)

h 2 i(k) = h 12 (k)

(42)

(43)

10

IS

From these equations and Eqs. (40) and (41), the following relationships can be derived,

y', (k) = hi (k) x 2 (k) + hi (k) x
,
(k) = y 2 (k)

y'
2 (k) = hTn (k) x 2

(k) + hJ
n (k) x

,
(k) = y ,

(k)

(44)

(45)

These relationships are indeed the input-output relationships which are obtained when the receive channels are

exchanged; hence, e'i(k)=e 2 (k) and e
,

2 (k)=e 1
(k) hold. By applying these approximated results to Eqs. (28), (33) and

20 (39) as well as (44) and (45), three methods could be obtained as described below.

Method (2-a-1)

By applying the channel exchange and the echo path approximation to Eq. (28), the following simultaneous equa-

ls tions are obtained, and by solving Eq. (46), the adjustment vectors can be obtained.

30

35

A h„(k)

A h 2,(k)

Ah 12 (k)

A h 22(k)

x[(k) xj(k) 0 0
+

e,(k)'

xj(k) x]"(k) 0 0 e2 (k)

0 0 x[(k) xl(k) e 2 (k)

0 0 xj(k) x}(k) e,(k)

(46)

40

Method (2-a-2)

By applying the channel exchange and the echo path approximation to Eq. (33), the following simultaneous equa-

tions are obtained, and by solving Eq. (47), the adjustment vectors can be obtained.

45

'xj(k) xj(k) 0 0 A h „(k) 'Y.eKk)

'

50 xj(k) x}(k) 0 0 A h 2) (k) Y'.e2 (k)

0 0 x}(k) x^k) A h 12 (k) Y2e 2
(k)

55
0 0 xj(k) x|(k)

.
A h 22 (k) .Y

,

2e,(k)
<

11
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10

15

20

Method (2-a-3)

Setting c(k)=Y'(k)y^(k) and applying the channel exchange and the echo path approximation to Eq. (39), the fol-

lowing simultaneous equations are obtained, and by solving Eq. (48), the adjustment vectors are obtained.

x|(k) x[(k) 0 0

x](k) x{(k) 0 0

0 0 x|(k) x](k)

0 0 x
T
200 x](k)

25

A h„(k)

A h 21 (k)

A h 12 (k)

A h 2z(k)

e,(k)

v,
{
e

2
(k)-c(k)e,(k)} + w,c(k)e,(k)

e
2
(k)

v
2 {

e ,(k)-c(k)e
2
(k) } + w

2
c(k)e

2
(k)

(48)

30 Method 2-b)

Another method (2-b) is one that can be used even if the afore-mentioned assumption in Method (2-a) t
for example,

the assumption that the echo paths between loudspeaker and microphones of similar physical arrangements are the

same, as in the case of Eqs. (42) and (43), does not hold with high accuracy. When the receive and the pickup system

35 are both two-channel as is the case with the above, the following equations are used in place of Eqs. (42) and (43).

40

hu ()c) = h 22 (k) + fi(k)

h 21 (k) = h 12 (k) + f 2 (k)

(49)

(50)

where f^k) and f2(k) represent a similarity error between the true echo path vectors h-j^k) and h22 (k) and a similarity

error between the true echo path vectors h12(k) and h21 (k), respectively. On the other hand, a similarity error f ^k)

45 between the estimated echo path vectors h 11 (k) and h^k) and a similarity error f2(k) between the estimated echo

path vectors hi 2(k) and h 2 i(k) are expressed as follows:

50

fi„(k) =fi 22 (k) + f,(k)

ri
21

(k) = fi
12
(k) + f

2
(k)

(51)

(52)

Further, the differences between the similarity errors of the true and estimated echo paths are defined by the following

55 equations:

12
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Af,(k) -f,(k) -f,(k) (53)

Af
2
(k) -f 2 (k) -f2

(k) (54)
5

- These differences will hereinafter be referred to as similarity error differences. Then, letting y'^k) and y'
2(k) be outputs

which are obtained in the first and second pickup channels when reproducing the received signals x,(k) and x2(k) after

exchanging the receive channels, the following equations are obtained using the relationships of Eqs. (49), (50) and

,0 Eqs. (40), (41).

y',(k) = h[,(k)x 2 (k) + h 2

r

1
(k)x

1
(k)

15
= y 2 (k) + t] (k) x 2 (k) + tj (k) x

,
(k) (55)

y'
2 (k) = h}2 (k) x 2 (k) + (k) x

,
(k)

= y ,
(k) - f| (k) x ,

(k) - fl (k) x 2 (k) (56)

20

The outputs y'^k) and y 2(k) are simulated to be y'^k) and y'
2(k) by the following equations, using the estimated echo

path vectors hu (k)
t
h 21 (k), h 12 (k), h^fk) and Eqs. (51), (52).

25 y\ "T* X^ T
y', (k) = h „ (k)x

2
(k) + h 2i (k) x, (k)

= y 2 (k) + f ] (k) x
2
(k) + f I (k) x, (k) (57)

30

35

45

50

y' 2 (k) = h ]2 (k) x
2
(k) + h I2 (k) x, (k)

= y> (k) - f !(k)x, (k) - fl (k)x
2
(k) (58)

Errors e'^k) and e'2(k) between the outputs y'^k), y'
2(k) and their simulated values y^k), y'2(k) are given as follows:

40
e', (k) = A h n (k) x

2
(k) + A h L (k) x, (k)

e, (k) + A f ] (k) x, (k) + A f I (k) x, (k) (59)

e'
2
(k) = A h]2 (k)x

2
(k) + A h

I

2 (k) x, (k)

= e, (k) — A f!(k)Xj (k) - A f I (k) x
2
(k) (60)

where:

55 e
1
(k) = y 1

(k)-y
1
(k) (61)

e 2
(k) = y 2

(k)-y 2 (k) (62)

13
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Afi(k) = f, (k)- f,(k)

A f 2 (k) = f, (k) - f 2(k)

(63)

(64)

Since the similarity error differences A, f (k) and Af 2(k) are expressed in Eqs. (63) and (64) as unknown similarity error

jo vectors f
t
(k) and f2(k), respectively, the errors e'1 (k) and e"2(k) cannot correctly be known. Then, solving Eqs. (59) and

(60) for the known errors 62(k) and e^). we have

15

e2
(k) = A h n (k)

x

2 (k) + A hi, (k) x ,
(k)

- A f I (k) x 2 (k) - A f I (k) x
,
(k) (65)

20 e, (k) = A h \ (k) x 2 (k) + A h \2 (k) x
,
(k)

+ A f 1 (k) x, (k) + A f I (k) x 2 (k) (66)

25 On the other hand, the following equations are obained from Eq. (25).

e, (k) = A h u (k) x ,
(k) + A h L (k) x 2

(k)

30 /\ T /\T

e 2
(k) = A h a (k) x ,

(k) + A h 22 (k) x 2 (k)

(67)

(68)

Therefore, the following simultaneous equations are obtained from Eqs. (65) through (68).

35

40

45

50

x[(k) xj(k) 0 0 0 0

x^k) x{(k) 0 0 -xj(k) -xj(k)

0 0 xj(k) x^k) 0 0

0 0 xj(k) x{(k) x](k) x[(k)

A hn (k)

A h 21 (k) e,(k)-

A hi2 (k) e2 (k)

A h22(k)
e2 (k)

A ^ (k)

e, (k)

A f 2 (k)

(69)

55 The adjustment vectors of the estimated echo paths are obtained as minimum-norm solutions of the simultaneous

equations of Eq. (69). In this case, the similarity error differences Af ^k) and At2 (k) need not calculated in practice.

Patent provided by Sughrue Mion, PLLC - http://www.sughrue.com
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10

15

20

Method (2-6-1)

In the calculation of the estimated echo path adjustment vectors based on Eq. (69). the introduction of the weight-

ing coefficients in Eq. (33) gives

x](k) x
T
2
(k) 0 0 0 0

xj(k) x[(k) 0 0 -y'i xl(k) -y'lX^k)

0 0 x|(k) xj(k) 0 0

0 0 xj(k) x[(k) y'
2 x](k) yWflO

A h ii (k)

A h 2 i (k) Yi e, (k)

A hu(k) Y'i e2 (k)

A h22(k) Y2 e2 (k)

A f i (k) .Y^e.Ck)^

A f 2 (k)

(70)

25

30

In this instance, the weighting coefficients are applied following Eqs. (59) and (60) as follows:

Y'i e'Kk) = y'i e2 (k) + y'i A f ]"(k)x 2 (k)+ y'i A f I(k)x
t
(k) (71)

Y' 2 e' 2 (k) = Y
'

2 e,(k) - y'
2 A f {(k)x,(k)- y'i A f I(k)x 2 (k) (72)

35

Method (2-b-2)

This method introduces time-invariant or time-varying weighting coefficients which permit control of the influence

40 of the echo path similarity error vectors. For example, when the receive and pickup systems are both two-channel.the

evaluation of the afore-mentioned similarity error differences Af -i(k) and Af2 (k) is weighted with respect to the evalua-

tion of the estimated echo path vectors Ah^k), Ah 21 (k), Ah 12(k), Ah 22 (k). For example, introducing into Eq. (63)

weighting coefficients kh k2 >
A3 and A4 as elements by which the similarity error differences Af ^k) and Af2(k), we have

45

50

55

15



EP 0 766 446 A2

x|(k) xj(k) 0 0 0 0

xT(k) x|(k) 0 0 -k-.y'. xl(k) -JC2Y'. x}(k)

0 0 x](k) xj(k) 0 0

0 0 xj(k) x[(k) Kr3 Y'2xI(k) Kr4 Y'2 xJ(k)

A h u (k)

A h 2i (k)

A h u (k)

A h 22 (k)

A f . (k)

A f 2 (k)

Yi e, (k)

Y'l e2 (k)

Yz e2 (k)

Y'2 e, (k)

(73)

In this instance, if
1
(k)-h22(k)|]/||h

1 i(k)i is small, then it is inferred from Eqs. (46) and (47) that the similarity error vec-

tor f|(k) is small; hence, if the above ratio is smaller than a predetermined threshold value K1. for instance, control is

effected to make the weighting coefficient fr| smaller than 1, for example. Similarly, when on^i(k)-h12(k)||/||h2i(k)| is

smaller than a predetermined threshold value K2, control is effected to make the weighting coefficient k2 smaller than

1 , for instance.

Method (2-b-3)

According to this method, introducing weighting coefficients v1, v2 , w-i and w2 based on Method (1-b) into Eq. (69)

based on Method (2-b) and setting c(k)=r'(k)r
' 1

(k) , we have

16
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x]"(k) xj(k) 0 0 0

xj(k) x}(k) 0 0 -v,xj(k)

0 0 x[(k) xj(k) 0

0 0 xj(k) x{(k) v
2 x}(k)

0

v, x|(k)

0

v
2 xl(k)

15

A h ii (k)

A h 2i (k)

A hi 2 (k)

A h 22 (k)

A f j (k)

A f 2 (k)

20

25

e,(k)

v,
{
e2 (k) - c (k) e,(k) } + w, c (k) e,(k)

e2(k)

v
2 {

e, (k) - c (k) e2(k) } + w
2 c (k) e2 (k)

(74)

By setting the following equations (75) and (76) and solving simultaneous equations (73), the adjustment vectors can

be obtained.

30

35

r' (k) = x}(k)x
2
(k) + xj(k)x

t

(k)

r(k) = x{(k) Xl (k) + xJ(k)x
2
(k)

(75)

(76)

40 METHOD 3

A third method derives the adjustment vectors of the estimated echo path vectors by evaluating, in combination, the

input-output relationships obtained by approximating those observed previously and the input-output relationship

obtained by approximating those observed at the current time.

45

Method (3-a)

In concrete terms, a projection algorithm is applied to methods (2-a) and (2-b) which utilize the afore-mentioned

channel exchange. The projection algorithm is to adjust the estimated echo path vectors so that the input-output rela-

50 tionships in an n-th received signal channel at the current and previous time pn are satisfied simultaneously, where pn
is an integer that does not exceed the number of taps L of each estimated echo path vector. In the first place, the n-th

channel received signal vectors from the current time back to the previous time pn are generically expressed as follows:

^ Xn<P>(k) = [x n (k), xn(k-l), x n <k-p+l)] (77)

Again, when the receive and pickup systems are both two-channel, setting error signals as follows:

17
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ei
Pl,

(k) = [e,(k),(l -/i,)e,(k- 1),. ..,(1- 'e,(k--p.+o] .
(78)

•i'-to = [e2 (k),(l -/i2)e2
(k- 1),. ..,(1-

'

e 2 (k--P'. + 1)]

T

(79)

e
2

P
'>(k) = [e 2 (k),(l--/i2)e2(k- 1),. ..,(1- e2(k- P2+1)]

T

(80)

ei
PV

(k) = [e,(k),(l -jz,)e,(k- 1),. ...(1-
' e,(k--P'2+D ]

T

(81)

and applying the projection algorithm to Eq. (73), we have

o ox
(

;'
)T

(k) x
;

p
'

)T

(k) 0 0

x^V) x
(

r'

,T

(k) o

0

0

0 -K.Y'.xf^k) -
fc
2 Y' I

X
(

1

P,)T
(k)

0

0

<P->> T ,

x; 2
(k) X

2

2
(k) 0

X
2

PVV) X7 2"(k) ^y^X^'^k) <
4 Y'2 X 2

2
(k). Y (PV T

,
<PV\

X

A h u (k)

A £21 (k)

A h i 2 (k)

Aha (k)

A f. (k)

A f 2 (k)

Y',e2

PV
(k)

Y 2
e
2

2
(k)

(p
2

)

<pV
Y

'

2
e ";

2
(k)

(82)

Let it be assumed that parameters for determining how far back to the previous time for using the input-output relation-

ships can be set independently within the ranges in which they do not individually exceed the numbers of taps L of the

estimated echo path vectors just like p 1(
p*v p2 and p'

2 which satisfy a condition min{p 1lp2}^max{P'i.P
,

2}-

Method (3-b)

Applying the projection algorithm using Eqs. (77) through (81) to Eq. (73) based on Method (2-b-3) and setting a

matrix for the cross-correlation as follows:

c i(
k
) = RV,xPl )(

k)R
1

(p,xPl )(
k)

18
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C 2 (k) = R'ipypjjMR
1

(pjxp^M (83)

we have

'(k) X 2

p,
"(k) 0

(P'l> T ,..v v<P'l> T /

(k) x;M ' (k) o

0

0

A h u (k)

A h 21 (k)

A hi2 (k)

£22 (k)

A f 1 (k)

A ?2 (k)

0

0

-v,X
2

P'' )T
(k)

0

•<p'i>
t

,

0 x (

,

P2)T
(k) X?

2,T
(k)

0

0

X?'
2,T

(k) xf'^W v 2 X
(p'*)T

(k)

-v, XY l

(k)

0

v 2 X 2 (k)

e
<Pl

'(k)

v,
{
e^OO-Crfk) e

(Pl)
(k)} + w, C,(k)e

(Pl)
(k)

e
(P
,
2
'(k)

v 2 {
e

(
*;' 2) (k)-C 2(k) e

(p
,

j)
(k)} + w 2 C 2 (k) e

(p

2

z)
(k)

(84)

The adjustment vectors are obtained as the minimum-norm solution of the above simultaneous equation (84). The n-th

channel received signal vectors back to the previous time p are generically expressed as follows:

X„<P>(k) = [x n (k),x n (k-l), ...,ae n (k-p+l)] (85)

The parameters for determining how far back to the previous time for using the input-output relationships are set as p-|

,

p'
1( P2 and p'2, which satisfy the condition minfp^^maxfpVP^} and are given as follows:

RV ,„,(k) = X^WX^k) + xf^OOXf'to
(P'l Xpi)

r'
(p

.

2 XP2) (k) = x (p
'2)T

(k)x 2

P2)
(k) + x 2

-';(k)x;-'(k)

(86)

:

(

2

P
'

2)T
(k)X

(P2)
(k) (87)

R(pi xp )

(k) = X (P '
)T
(k)X

(Pl)
(k) + X? l)T

(k)X
(

2

P,)
(k) (88)

(89)R
(pz x p2)

(k) = X (P ' )T
(k) X (P2)

(k) + X (

2

P2)T
(k) X 2

P2)
(k)

i, PLLC - http:/Avww.sughrue.com
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e/^kHMKMI-Me^k-l) (1-|i
1 )

P, " 1

e,<k-p
1 +1)]

T

e 2

(p
"

,)
(k) = [e 2 (k).(l-n 2 )e 2

(k-l) (l-
(
i 2 )

p
'

,
' 1

e 2 (k-p
,

1+ i)]
T

e^k) = [e 2(k).(1-n 2)e 2 (k-1) (1-n 2 )

Pr1
e 2 (k-p 2 +1)]

T

e
1

(p
'

2)
(k) = [e

1
(k).(l-n 1

)e
1
(k-l) (i-n/^e^fj+l)]

1

(90)

(91)

(92)

(93)

Method (3-b-1)

As is the case with Eq. 84), the adjustment vectors can also be obtained by introducing the time-invariant or time-

varying weighting coefficients k^
,
k2 .

k3 and k^, which permit control the influence of the echo path similarity error vec-

tors in Method (2-b-2). into Eq. (84) of Method (3-b) as follows:

x (

,

p
'

)T
(k) x

2

p
'
)T

(k) 0

x^)T
(io x;

p'' )T
(k) o

0

0

0

0

,(P,)T

0

0

0 0

-r.v.xf l)T
(k) -^v.X^Ck)

X F
»"(k) Xp"(k)

X
(

2

Pj>T
(k) X (

,

p
'2)T

(k) r
3
v
J
x;

(r
«
,T

(k) if
4
v
2
X^"(k)

0

,(P' 2
)T.

X

A hu(k)

A h 2i(k)

A hii(k)

A h 22(k)

A f i(k)

A f 2(k)

e^(k)
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Method (3-b-2)

It is also possible to obtain the adjustment vectors by introducing weighting coefficients X-i and A2 into Eq. (93) as

follows:
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(95)

35 and by controlling the weighting in accordance with the balance between the weighting coefficients k2 , *3, and

METHOD 4

40 In the various methods described above, an ES (exponentially weighted step-size) algorithm can be further applied

with which it is possible to provide different adjustment weighting coefficients for each tap on the basis of the exponen-

tial decay property of impulse responses of the echo path.

For example, setting Eq. (33) in Method (1-a) as follows:

45

M(k) =
x[(k) xj(k)

x'I(k) x'J(k)

(96)

50

Eq. (33) becomes as follows:

55 M(k)
A h im(k)

'

y m

A h 2m(k)
Y' m

(97)

The minimum-norm solution of this simultaneous equations is given by
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A h lnJ(k)

A h 2m(k)

= M T
(k) [M(k)M T

(k) + 5l]
_1 ' m m v 7

/'»«' (k)
(98)

10

15

20

where I is a unit matrix and 6 is a small constant for stabilizing the inverse matrix operation. To apply the ES algorithm

to the above equation (98), a basic exponential decay matrix A(r
> is prepared which is expressed by

where:

A (D =

« (r)

a 2

0 a l

(99)

25 (100)

0<X(r)

*1

30 Alternatively, L sequences of numbers given by Eq. (1 00) are divided into equally or unequally spaced blocks and the

value of each cft\ in each block is made equal to the value of the first a(r
>j in the same block, by which the basic expo-

nential decay matrix Aw is obtained in a simplified form which has an advantage in terms of computational complexity.

The matrix is set as follows:

35

A (1) 0

0 A (2)
(101)

40

This is applied to Eq. (97) as follows:

45

A h lm(k)

A h 2m(k)

= AM T
(k) [M(k)AM T

(k) +6l]'
y m e (k)

' m m v '

(102)

From the minimum-norm solution thus obtained, the adjustment vectors of the respective estimated echo path vectors

so are derived.

Similarly, if the following equation is set for Eq. (82) in Method (3-a) employing the afore-mentioned projection algo-

rithm

55
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(103)

Eq. (82) becomes as follows:

M(k)

A h ii (k)

A £2. (k)
r <pi>
Yi e, (k)

A h 12 (k) v' p <P''

Y 1
e 2

'»)

A h 22 (k) Y..?" (k)

A f 1 (k) '(k)

A f 2 (k)

The minimum-norm solution of this simultaneous equations is given by

A h u (k)

A h 21 (k)

A h 12 (k)

A h 22 (k)

A?i(k)

A f 2 (k)

= MT
(k) [M (k) MT

(k) + 6 1]

-1

(104)
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fx e 2

P,)
(k)

y2 e
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2

Pz)
(k)

y'2e
(

,

P
'

2)
(k)

(105)

To apply the ES algorithm to this, the following matrix is generated which is composed of the basic exponential decay

matrix Aw .
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(i)

10

A =

0

(2)

(3)

(4)
(106)

<5>

(6)

This is applied to Eq. (104) as follows:

is

20

25
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(107)

30

The minimum-norm solution thus obtained is used to obtain the adjustment vectors of the estimated echo path vectors.

It is apparent that the ES algorithm can similarly be applied to the other methods, and no description will be given of

them.

35 As described above, according to the multi-channel acoustic echo cancellation method of the present invention,

unknown input-output relationships between imaginary inputs in the case where some or all of the multi-channel

received signals are exchanged and then reproduced as acoustic signals from channels different from their original

channels and imaginary outputs which ought to be obtained when the imaginary inputs are observed as echoes by

microphones after propagating over the corresponding echo paths are obtained approximately. The approximated

40 input-output relationships and input-output relationships, which are observed when received signals of respective chan-

nels are reproduced intact as acoustic signals and are picked up by microphones after propagation over the corre-

sponding echo paths as in the prior art, are both evaluated to obtain the adjustment vectors of the estimated echo

paths-this speeds up the estimation of the true echo path in the echo path estimating part.

45 Echo Canceller

Next, examples of the echo cancellers embodying the above-described methods of the present invention will be

described in comparison with conventional device configurations. The conventional echo cancellation system having an

N-receive-channel system and an M-pickup- channel system is formed by providing N-channel echo cancellers 22 1t

so 222 , .... 22M independently of M pickup channels as shown in Fig. 2. In contrast thereto, according to the present inven-

tion, the echo cancellation system with the N-receive-channel system and the M-pickup-channel system is formed as

an NxM channel echo canceller 23 as depicted in Fig. 7, which is adapted to exchange information between channels

and make the echo path estimation as shown in detail in Fig. 8.

The configuration of the echo canceller shown in Fig. 8 is the basic configuration that is applicable to any of Meth-

55 ods 1 to 4 of the present invention, and as will be described below, this configuration features a vector permuting/com-

bining part 41 in comparison with the echo path estimating part 19m in the prior art example of Fig. 3. In the vector

computing/combining part 41 , the received signal vectors x
n
(k), x2(k), ... are arranged in D ways by rearranging them

through their exchange with received signal vectors of other channels, and these vectors are combined into D vectors

x(1
)(k), x<

2
)(k), ... x(D)(k). By approximating the input-output relationships for the combined vectors x<

1
)(k), x(

2
>(k), ...
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x*°)(k) through use of the similarity of echo paths, estimated echo path adjustment vectors Ah^), • • •
,
AhM(k) can

be obtained.
r

The NxM channel echo canceller has N received signal storage/vector generating parts 1

7

1
to 1

7

N corresponding
;

to N channels as shown in Fig. 8, which hold L received signals up to the current time (k) determined for the respective

received signal channels and generate the received signal vectors x^k) to x^k) expressed by Eqs. (7) to (9) as is the

case with the received signal storage/vector generating parts 17! to 17N in Fig. 3. The received signal vectors x^k) to

Xfgfk) thus obtained are combined by a vector combining part 24 into the combined vectors x(k) expressed by Eq. (10),

which are provided to echo replica generating parts 18^ to 18M . The echo replica generating part 18m (where m=1 ...,M)

for each m-th pickup channel calculates an echo replica by Eq. (13) from the combined vector x(k) and the combined

estimated echo path vector hm(k) and provides the echo replica ym(k) to a subtracter 2 1 m . Each subtracter 21 m outputs

the difference between the echo ym(k) and the echo replica ym(k) as the residual echo (i.e. an error signal) em(k).

As mentioned previously, what is characteristic of the echo canceller according to the present invention is the vector

computing/combining part 41, which rearranges the N-channel received signal vectors x^k) to xN(k) in D ways by

exchanging the received signal vectors of the respective channels, then combines the received signals of the D orders

of arrangement into D combined vectors x<
1
>(k), x<

2
>(k), ... x^(k) by Eq. (10) as is the case with the vector combining

part 24 and provides the D combined vectors to the echo path estimating part 19. The echo path estimating part 19 is

supplied with the D combined vectors x<1)(k) to xP\k), the combined vector x(k) from the vector combining part 24, the

error signals e^k) to eM(k) from the subtracters 21 1 to 21M and, if necessary, the echoes y^k) to yM(k) as indicated by

the broken lines. The echo path estimating part 19 calculates the estimated echo path adjustment vectors Ah ^(k),

AhM(k) by any one of the afore-mentioned methods and further calculates the estimated echo path vectors h^k+1) to

hM(k+1) at the next time (k+1) by Eqs. (29) and (30). for instance.

Fig. 9 is a functional block diagram of the echo path estimating part 19 for use in the execution of the afore-men-

tioned methods (1-a), (2-a-1), (2-a-2), (2-b-10, (2-b-2) and (3-a) which involve assigning the coefficients ym and ym to

the error signals em(k) and e'm(k). The combined vectors x<
1
>(k) to x<

D
)(k) from the vector permuting/combining part 24

and the combined vectors x(k) are provided to an adjustment vector calculating part 19A and a weighting coefficient

assigning part 19B as well.

A weighting coefficient control part 19E introduces, by Method (1-a), the weighting coefficients Ym and Vm int0 the

measured and approximated input-output relationships, respectively, then changes the weighting coefficients in accord-

ance with the degree of convergence of the estimated echo path vector to the true echo path and provides the weighting

coefficients to weighting coefficient assigning parts 19B, 19C and 19D. That is, the weighting coefficient control part

19E in this example, takes thereinto the echoes y-j(k) to yM(k) together with the error signals e^k) to eM (k), then calcu-

lates their average power ratio r pm=|y m (k)|
2
/|e m (k)|

2
as an index representing the degree of convergence of the esti-

mated echo path vector and, based on the value of the index, determines the weighting coefficients Ym and Vm - The

weighting coefficient ym in Eq. (33), (70), (73), or (82) is always set at 1, for instance, and when the power ratio rpm
becomes larger than a predetermined positive value rtht the weighting coefficient ym is set at a predetermined large

positive value which does not exceed 1 , and when the power ratio rpm is equal to or smaller than the predetermined

positive value rth( the weighting coefficient ym is set at a predetermined small positive value which does not exceed 1

either. A weighting coefficient evaluation and control part 19G is used in the case of Method (2-b-2); it determines,

based on the adjustment vector Af(k), the weighting coefficients JrlP k2 ,
fr3 and kA for controlling the influence of the

echo path similarity error vector Af and provides the weighting coefficients to the weighting coefficient assigning part

19B. The weighting coefficient assigning part 19B assigns the received signal vectors x j and x\ with weights by com-

binations of the weighting coefficients to k^ and y 1( y2 as shown in Eq. (66) and provides them to the adjustment

vector calculating part 19A. The weighting coefficients assigning parts 19C and 190 assign the weighting coefficients

, y2 and yt , y2 to the error signals e-i (k) and e2(k) and provide them to the adjustment vector calculating part 1 9A.The

adjustment vector calculating part 19A uses the signals applied thereto to solve any one of Eqs. (33), (70), (73) and

(84), thereby obtaining the adjustment vector Ahmn(k), which is provided to an adaptive filter updating part 19F. The

adaptive filter updating part 19F adjusts the estimated echo path vector by Eqs. (29) and (30), then outputs it as the

estimated echo path vector at time (k+1) and provides it to each of the echo replica generating parts 18-j to 18M .

Fig. 10 is a functional block diagram of a multi-channel acoustic echo canceller which embodies the afore-men-

tioned Methods (1-b), (2-a-3), (2-b-3). (3-b-1) and (3-b-2) which separate the error signal e'm(k) into components and

weight them with the coefficients v and w. In this example, as in the Fig. 9 example, the weighting coefficient evalua-

tion/control part 19G uses the adjustment vector Ah(k) to determine the weighting coefficients k<\ to k^ which controls

the influence of the echo path similarity error difference Af(k) and provides them to the weighting coefficient assigning

part 19B. The adjustment vector calculating part 19A is supplied with the combined received signal vector X(k) and

channel-exchanged combined received signal vectors x(10)(k) X<
D
>(k). In this embodiment, the error signal e'm(k) is

divided into a component correlated with the error signal em(k) and the other component and they are assigned with the

weighting coefficients w and v, respectively as shown in Eq. (39), (74), (84), (94), or (95). To this end, as is the case with

the above, the weighting coefficient control part 19E calculates from the echoes y^k) to yM(k) and the error signals

e-j(k) to eM(k) their average power ratio r =|y m(k)|
2
/|e m (k)|

2
as an index indicating the degree of convergence of the
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estimated echo path vector, and determines the values of the coefficients w and v accordingly. Furthermore, a cross-

correlation calculating part 19H calculates the cross-correlation between the received signals by a matrix

c(ty*r'(k)r~
1
(k) or ci(k) and C2W in E<ls - C86) t0 (89) and provides it to a component separating part 19J.

The component separating part 19J separates the error signal e'm(k) into the component correlated with the enror

5 signal em(k) and the uncorrelated component, which are fed to weighting coefficient assigning parts 19K and 19L and

assigned with the weighting coefficients w and v, respectively. The correlated component and the other component

assigned with the weighting coefficients are added by an adder 19M and the added output is applied to the adjustment

vector calculating part 19A. The adjustment vector calculating part 19A uses the signals applied thereto to solve the

simultaneous equations (37), (74), (84), (94), or (95) to calculate the adjustment vector Ah(k), which is provided to the

10 adaptive filter updating part 1 9F and the weighting coefficient evaluation/control part 19G as well. Based on the adjust-

ment vector provided thereto, the adaptive filter updating part 19F calculates the estimated echo path vector by Eqs.

(27) and (30) and outputs it.

Fig. 1 1 illustrates the functional block configuration of the adjustment vector calculating part 19A in the echo path

estimging part 19 of Figs. 9 and 10 which permits the application of a p-th order projection algorithm of Method 3 and

15 the ES algorithm of Method 4 when the echo paths are highly symmetrical and hence Method (2-a) is used. To execute

the p-th order projection algorithm, the received signal vectors are provided to a signal storage part 19A2, wherein (p-

1) preceding received signal vectors are held, and the received signal matrix X^n of Eq. (85), which is a set of the

stored received signal vectors and the received signal vectors at the current time k, is fed to an exponential weighting

coefficient assigning part 19A1 , wherein the received signal matrix is assigned with a weighting coefficient by the basic

20 exponential decay matrix A(r
), thereafter being provided to a simultaneous equation calculating part 19A3. At the same

time, the received signal vector weighted in the weighting coefficient assigning part 19B in Figs. 9 and 10 is also pro-

vided to the simultaneous equation calculating part 19A3.

On the other hand, the weighted measured error signals e^k) eM(k) and the weighted approximated error sig-

nals e'^k) e'M(k) are also stored as sets of error signals at (pn-1) previous points in time and they are applied to the

25 simultaneous equations calculating part 19A3 together with error signals at the current time. The simultaneous equa-

tions calculating part 19A3 solves the simultaneous equations (47) from the signals fed thereto to calculate the adjust-

ment vector Ah(k). In the case of Fig. 10. the set of measured error signals e-,(k). .... eM(k) at (pn-1) previous times are

stored in the signal storage part 19A4 and are provided therefrom to the simultaneous equations calculating part 19A3

together with the set of measured error signals at the current time and the set of component-separated, weighted

30 approximated error signals from the adder 19M is provided to the signal storage part 19A5, wherein a set of weighted

approximated error signals at (pn-1) previous times is held. The (pn-1) sets of weighted approximated error signals and

the set of error signals at the current time are fed to the simultaneous equations calculating part 19A3. The simultane-

ous equations calculating part 19A3 uses these signals to solve, for example, Eq. (74) to obtain the adjustment vector.

Fig. 12 illustrates the functional block configuration of the adjustment vector calculating part 19A which is used in

35 the echo path estimating part 1 9 of Figs. 9 and 1 0 in the case of calculating the adjustment vector by Method (2-b), tak-

ing into account low symmetry of the echo path (i.e. The similarity error). Also in this case, the adjustment vector calcu-

lating part 19A is adapted to execute the p-th order projection algorithm of Method 3 and the ES algorithm of Method

4. This embodiment differs from the Fig. 1 1 embodiment in that the simultaneous equations calculating part 19A3 cal-

culates the adjustment vector by solving any one of the simultaneous equations (69), (70), (73), (82), (84), (94) and (95)

40 containing the similarity error difference Af and that a signal storage part 1 9A6 and an exponential weighting coefficient

assigning part 19A7 are provided also for the received signal vectors assigned with the weighting coefficients by the

weighting coefficient evaluation/control part 19G in Figs. 9 and 10 for controlling the influence of the similarity error dif-

ference vector Af (k). This embodiment is identical in construction with the Fig. 1 1 embodiment with respect to the other

remaining points, of which no description will be repeated.

45

EFFECT QF THE INVENTION

This invention method can be used for echo cancellation in the realization of a teleconference system of highly real-

istic presence which permits transmission of acousto-spatial information between two points by the use of a multi-chan-

50 nel transmission system and terminal equipment provided with multi-channel pickup and receive systems.

For the sake of brevity, consider a stereo teleconference system which connects two points via a two-channel trans-

mission system and uses two-channel pickup and receive systems as shown in Fig. 4. For example, when a plurality of

speakers speak in their seats at the point A, stereo speech signals which are picked up by two microphones bear a

cross-correlation therebetween dependent on the positional relationship between the speakers and the microphones.

55 When these speech signals are reproduced at the point B using the conventional echo canceller, the echo estimation

depends on the cross-correlation between the speech signals and hence is incorrect, allowing large echoes to return

to the point A each time the speaker changes. In contrast to this, the echo cancellation method of the present invention

is capable of lessening the influence of the cross-correlation between the stereo signals and quickly estimating the echo

path, and hence suppresses echoes from increasing whenever the speaker changes. Fig. 13 is a graph showing the
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results of computer simulations using, as reproduced signals, stereophonically picked up speech uttered by a speaker

with his body or head fixed. The prior art method (a), a method of extracting a variation in the cross-correlation (b) pro-

posed in the inventors' prior application (Japanese Pat. Appln. No. 50002/95), and this invention method (c) are com-

- pared in terms of the error vector between the combined estimated echo path vector generated in the echo path

estimating part and the combined true echo path, with the echo path estimation starting time set at 0. An NLSM (Nor-

malized Least Mean Squares) algorithm was used in the case of the conventional method and a second-order projec-

- tion algorithm was used in the case of the method by the extraction of a variation in the cross-correlation proposed in

the prior application. In the case of this invention method, the adjustment vector was calculated by Eq. (107); the

weighting coefficients yl Vi . Y2 and y2 were niade time-varying in accordance with the echo return loss enhancement

(ERLE), ^=^2=^3=^=1.0, p1=p' 1=p2=p
,

2=2, A< 1 >=A<
2W3

)=A<
4
>=A<

5)=A(
6
\ and they were divided into four blocks and

assigned with weights 1 .0, 0.5, 0.25 and 0.125. As is evident from Fig. 13, according to this invention method, the echo

path error vector decreases faster than in the cases of the other methods and the vector itself is also smaller.

Fig. 14 is a graph showing the influences of the weighting coefficients Yi and y2 with the coefficients yi and y2 set

at Yi=Y2=0 in this invention method using Eq. (70). The curve (a) indicates the case where Yi=Y2= 1 0 and the curve (b)

the case where yW^O.S. Acomparison of these curves indicates that appropriate values of the weighting coefficients

Vi and y2 differ with the convergence of filter coefficients. Then, the values of the weighting coefficients and y2 were

changed with ERLE, that is, ERLE was large the coefficients and y2 were set small; in this case, the characteristic

was improved as indicated by the curve (c). Further, the ES algorithm based on the exponential decay characteristic of

the impulse response was used, in which case the curve (d) was obtained. This is considered to be due to the fact that

since this invention method approximately utilizes the unknown input-output relationships expressed by Eqs. (55) and

(57), the approximation accuracy is improved by the use of the statistical property of the impulse response.

Fig. 15 shows the convergence characteristics of the echo path estimation which were obtained when this invention

method (3-b) was used under the same conditions as in the case of Fig. 14 and the following coefficients were made

time-invariant in Eq. (84).

The curve (a) indicates the case where v
1
=v2=0, w 1

=w2=1, p1
=p'

1 =p2=p'2=1 and m =^i2=0.5, the curve (b) the case

where v1=v2=1 p
w^w2=1, p 1

=p'
1
=p2=p'2=8 and m=n2=0.05, the curve (c) the case where v

1
=v2=0 >

w
1
=w2=1 p

p 1
=p'

1 =p2=p'2=8 and m=M-2=0.05, the curve (d) the case where v
1
=v2=0, w1

=w2=0, Pi=p
,

i=P2=p'2=8 and ^ 1
=jo2=0.05,

and the curve (e) the case where v
1
=v2=1, w^w^O, Pi=p'i=p2=p 2=8 and ^=^=0.05. As will be seen from Fig. 15,

since this invention method (3-b) uses the weighting scheme of the method (1-b), the error obtained concerning the

approximated input-output relationship can be evaluated excepting therefrom the error obtained concerning the observ-

able input-output relationship or a redundant component as in the case of the curve (e) in Fig. 15; hence, good results

can be obtained without varying the weighting coefficients with time as in the cases of Figs. 13 and 14.

Example of Application

Other than the method according to which at a terminal provided with a stereo receiving system, two-channel

stereo signals picked up at the other end are received and reconstructed intact, there is proposed a method for multi-

point teleconference by which the received signal for each point is freely subjected to sound image localization at the

receiving side to provide a comfortable receiving environment. The method and apparatus according to the present

invention are also applicable to such multi-point teleconference terminals. Fig. 16 illustrates the configuration of a four-

point teleconference system. At each point the pickup system is one-channel (monaural). Now, the teleconference sys-

tem will be described in connection with the point D. Let it be assumed that at the point D received signals from the

points A, B and C are subjected to sound image localization so that the signals are localized at the right, center and left

with respect to the point d, respectively, by which new two-channel stereo reproduced signals are generated for two-

channel stereo reproduction. In this instance, a response y<,(k) to the two-channel received signals x^k) and x2(k) at

some point is given as follows:

y ,
(k) = h[, (k) x

,
(k) + hi (k) x 2 (k) (108)

By applying the echo path similarity error vector f-,(k) between h|i (k) and h 21 (k), the following equation is obtained:

h}
I
(k)-hJ

I
(k) = f

1
(k) (109)

Then, the response y'^k) which is obtained when the reproducing channels of the received signals x1(k) and x2(k) are

exchanged is given as follows:
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y',(k) = hy
i
(k)x

2
(k)

= y, -f[(k)x,

+ hj
t
(k) x (k)

(k) + f | (k) x 2
(k) (110)

By formulating simultaneous equations based on Eqs. (108) and (110), it is possible to obtain an estimated echo path

vector adjustment equation according to this invention method.

Generally speaking, in the application of the conventional echo cancellation method to a teleconference system

composed of a multi-receive-channel system and a pickup system of one or more channels, the echo path estimation

is not correctly made when the received signals of the respective channels have a high cross-correlation; therefore, the

echo increases upon each variation in the cross-correlation between the received signals. This invention method uti-

lizes, in addition to the input-output relationships based on multi-channel received signals bearing a fixed cross-corre-

lation, approximated input-output relationships based on multi-channel signals bearing a cross-correlation different

from the above-mentioned one. That is, an unknown output is approximated which ought to be produced by each micro-

phone that picks up acoustic signals reproduced from channels different from their originals when some or all of the

multi-channel received signals are exchanged. Since the echo path estimation is made by solving simultaneous equa-

tions concerning these input-output relationships, its solution does not become indefinite, and hence such problems as

described above can be reduced.

It will be apparent that many modifications and variations may be effected without departing from the scope of the

novel concepts of the present invention.

1 . A multi-channel acoustic echo cancellation method comprising the steps of:

(a) radiating received signals of a plurality of channels as acoustic signals by a plurality of loudspeakers

respectively corresponding thereto;

(b) picking said acoustic signals from said plurality of loudspeakers up by each microphone after propagating

over respective echo paths to obtain an observable echo;

(c) storing said received signals of said plurality of channels for predetermined periods of time and forming

received signal vectors by said stored received signals for each channel;

(d) combining said received signal vectors in all the channels into observable combined received signal vec-

tors;

(e) providing said combined received signal vectors to estimated echo paths having combined estimated echo

path vectors which converge to combined vectors of the echo path vectors represented by impulse responses

of the respective echo paths, whereby is generated an echo replica simulating said observable echo, said com-

bined received signal vectors and said corresponding echo corresponding to said observable input-output rela-

tionships of said plurality of echo paths;

(f) subtracting said echo replica from said echo to obtain a residual echo;

(g) calculating an approximated echo replica in the case where combined exchanged received signal vectors,

obtained by exchanging at least two received signals of said plurality of channels, are provided to said esti-

mated echo paths;

(h) approximating an echo which ought to be obtained by each microphone when said received signals

exchanged as in step (g) propagate thereto over said plurality of echo paths;

(i) substracting said approximated echo replica from said approximated echo to obtain an approximated resid-

ual echo;

(j) evaluating observable input-output relationships representing the relationships between said observed com-

bined received signal vectors and said corresponding observable residual echo and approximated input-output

relationships representing the relationships between said combined exchanged received signal vectors and

said approximated residual echo and obtaining said adjustment vector based on the evaluation; and

(k) adjusting said estimated echo path vector by said adjustment vector.

2. The method of claim 1 , wherein said step (j) includes a step of weighting at least one of said approximated input-

output relationships and said observable input-output relationships in their evaluation.

3. The method of claim 2, wherein said weighting step includes a step of multiplying, by time-invariant or time-varying

coefficients, residual echoes which are differences between echoes corresponding to the outputs of said approxi-

Claims
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mated and observable input-output relationships and echo replicas which simulate them.

4, "The method of claim 2, wherein said weighting step includes a step of separating said approximated residual echo

into a component correlated with said observable residual echo and other component and multiplying said compo-

5 nents by time-invariant or time-varying coefficients independently of each other.

*
5. The method of claim 4, further comprising a step of calculating said approximated irput-output relationships

through utilization of said actually observable known input-output relationships, said observable residual echo for

use in the evaluation of said known input-output relationships and the similarity between said plurality of echo

10 paths, and on the assumption that similar echo paths are formed between loudspeakers and microphones similar

in such physical positional relationships as the distances between them and their directions or orientations, intro-

ducing a difference in said similarity as an echo path similarity error vector, and calculating said estimated echo

path adjustment vector by a projection algorithm through the use of said approximated input-output relationships,

said observable input-output relationships and their past input-output relationships.

75

6- The method of claim 5, further comprising a step of introducing a weighting coefficient which makes it possible to

control the influence of said echo path similarity error vector.

7. The method of claim 2, 3, or 4, further comprising a step of determining, for each operation time, the value of said

20 weighting coefficient through utilization of at least one of the ratio between said echo and said residual echo, the

average power ratio between said echo and said residual echo, the absolute value of said residual echo and the

average power of said residual echo.

8. The method of claim 1, further comprising a step of calculating said approximated input-output relationships

25 through utilization of said actually observable known input-output relations, a residual error signal for use in the

evaluation of said known input-output relationships and the similarity between said echo paths.

9. The method of claim 2, further comprising a step of calculating said approximated input-output relationships

through utilization of said actually observable known input-output relations, a residual error signal for use in the

30 evaluation of said known input-output relationships and the similarity between said echo paths.

10. The method of claim 4, further comprising a step of calculating at least one of the ratio between said echo and said

residual echo, the average power ratio between said echo and said residual echo, the absolute value of said resid-

ual echo and the average power of said residual echo, determining the state of convergence of said residual echo

35 on the basis of said calculated value, and when the state of convergence of said residual echo is bad, setting the

weighting coefficient for said correlated component at a predetermined value except 0 and the weighting coefficient

for the other remaining component at 0, and when the state of convergence is good, setting said weighting coeffi-

cients for both of said components at predetermined values including 0.

40 11. The method of claim 8, further comprising a step of calculating said estimated echo path adjustment vector by

using said approximated input-output relationships, said observable input-output relationships and their past input-

output relationships.

12. The method of claim 1 1 , further comprising a step of using said past input-output relationships through utilization

45 of a projection algorithm.

13. The method of claim 8, 9, or 11 , further comprising a step of utilizing said echo path similarity on the assumption

that similar echo paths are formed between loudspeakers and microphones similar in such physical positional rela-

tionships as the distances between said loudspeaker and said microphones and their directions or orientations.

50

14. The method of claim 4, 8, 9, or 1 1 , further comprising a step of introducing the difference in said echo path similarity

as an echo path similarity error on the assumption that similar echo paths are formed between loudspeakers and

microphones similar in such physical positional relationships as the distances between them and their directions or

orientations.

55

15. The method of claim 14, further comprising a step of introducing a weighting coefficient which makes it possible to

control the influence of said echo path similarity error vector.

16. The method of claim 8, 9, or 1 1 , further comprising a step of applying an exponentially weighted step-size algorithm
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which provides a different adjusted weighting coefficient for each tap on the basis of the exponential decay property

of impulse responses of said echo paths in the calculation of said estimated echo adjustment vector.

171 A multi-channel acoustic echo canceller comprising:

- a plurality of loudspeakers for radiating received signals in a plurality of channels into acoustic signals and for

outputting them;

at least one microphone connected to at least one transmission channel, acoustic paths for said acoustic sig-

nals from said plurality of loudspeakers to said microphone forming echo paths and said acoustic signals

picked up by said microphone and combined into an echo for input into said transmission channel;

a received signal vector generating part for temporarily storing said received signals of said plurality of chan-

nels and for generating each received signal vector;

a vector combining part for combining said received signal vectors of said plurality of channels into combined

received signal vectors;

an echo replica generating part supplied with said combined received signal vectors and combined estimated

echo path vectors simulating said combined echo path vectors obtained by combining echo path vectors rep-

resenting impulse responses of said echo paths from said plurality of loudspeakers to said microphone, for out-

putting an echo replica simulating said echo;

a subtracter for subtracting said echo replica vector from said echo output from the microphone and for output-

ting the difference as an observable residual echo;

a vector permuting/combining part for generating combined rearranged received signal vectors obtained by

combining said received signals of said plurality of channels after rearranging at least two received signals of

said plurality of channels; and

an echo path estimating part supplied with at least said combined received signal vectors and said observable

residual echoes corresponding thereto, for obtaining approximated echo replica in the case of applying each

of said combined received signal vectors to one of said estimated echo paths, for obtaining, as an approxi-

mated echo by approximating the inputs into said plurality of echo paths, an unknown echo to be obtained from

said microphone in the case of said received signals being exchanged, for subtracting said approximated echo

replica from said approximated echo to obtain an approximated residual echo, for evaluating an observable

input-output relationship representing the relation between said combined received signal vector and said

observable residual echo corresponding thereto and an approximated input-output relationship representing

said rearranged combined received signal vector and said approximated residual echo corresponding thereto,

for obtaining said adjustment vector on the basis of the evaluation, for generating an estimated echo vector

obtained by adjusting said estimated each path vector with said adjustment vector, for providing it to said echo

replica generating part.

18. The echo canceller of claim 1 7, wherein said echo path estimating part comprises:

residual echo weightig means for weighting said observable residual echo and said approximated residual

echo relative to each other;

an adjustment vector calculating part for calculating said adjustment vector on the basis of the relationships

between said combined received signal vector and said rearranged received signal vector and between said

observable residual echo and said approximated residual echo; and

an adaptive filter updating part for adjusting said estimated echo path vector by said adjustment vector and for

providing said adjusted estimated echo path vector to said echo replica generating part.

19. The echo canceller of claim 17, wherein said echo path estimating part further comprises:

component separating part for separating said approximated residual echo into a component correlated with

said observable residual echo and other non-correlated component; and

weighting means for weighting said correlated component and said non-correlated component relative to each

other.

20. The echo canceller of claim 19, wherein said echo path estimating means further comprises cross-correlation cal-

culating part for calculating the cross-correlation of said rearranged received signal vector with said received signal

vector and said component separating part comprises means for calculating the product of said cross-correlation

calculated by said cross-correlation calculating part and said observable residual echo as said component of said

approximated residual echo which is correlated with said observable residual echo.
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21. The echo canceller of claim 18 or 19, wherein said echo path estimating part further comprises a weighting coeffi-

cient control part for calculating, at each operation time, at least one of the ratio between said echo and said resid-

ual echo, the average power ratio between said echo and said residual echo, the absolute value of said residual

echo and the average power of said residual echo as an index representing the state of convergence of said

observable residual echo and for controlling said weighting coefficients on the basis of said calculated value.

22. The echo canceller of claim 18 or 19, wherein said echo path estimating part further comprises a similarity error

weighting part for assigning said received signal vector with a weighting coefficient for controlling the influence on

said residual echo by a similarity error difference vector which is a difference between a similarity error vector

between similar echo paths and a similarity error vector between said estimated echo paths corresponding to said

similar echo paths.

23. The echo canceller of claim 18 or 19, wherein said adjustment vector calculating part comprises a signal storage

part for storing said received signal vectors, said rearranged received signal vectors and said residual echoes at a

predetermined number of previous points in time going back from the current time, and a simultaneous equations

calculating part for obtaining said adjustment vector by solving simultaneous equations through utilization of the

relationships among said received signal vectors, said rearranged received signal vectors and said residual echoes

at said previous points in time from the current time and said adjustment vector.

24. The echo canceller of claim 22, wherein said adjustment vector calculating part comprises a signal storage part for

storing said received signal vectors, said rearranged received signal vectors and said residual echoes at a prede-

termined number of previous points in time going back from the current time, and a simultaneous equations calcu-

lating part for obtaining said adjustment vector by solving simultaneous equations through utilization of the

relationships among said received signal vectors, said rearranged received signal vectors and said residual echoes

at said predetermined number of previous points going back from said current time, said adjustment vector and

said similarity error difference vector.

25. The echo canceller of claim 23 or 24, wherein said adjustment vector calculating part further comprises an expo-

nentially weighting means for weighting said received signal vectors and said rearranged received signal vectors at

said predetermined number of previous points going back from said current time by exponential decay coefficient

vectors of the same numbers of elements as those of said received signal vectors and said rearranged received

signal vectors, and said simultaneous equations calculating part uses an exponentially weighted step-size algo-

rithm to calculate said adjustment vector.
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Wilson, Paul J

From:
Sent:

*

To:

Cc:
Subject:

Ryota Yamada [ryamada@oas.net]

Monday, May 09, 2005 1 1 :48 AM
Wilson, Paul J.

Kimihiko Iwamura; Ritsuko Nishide; Inge, John R.; Kusakabe, Sanae

Re: CA1264drawingsap3.pjw.DOC;CA1 264ap3.pjw.DOC

[w]

Pseudo Code for

eSchool 3.120...

Hello, Paul.

I found that there is a point to be fixed in Fig. 1 6. Please fix the

last part of Fig. 16 as follows:

// for Lasting Emotion

if state-emotion > CONST2 return HAPPY.EXTREMELY
if CONST2 >= state-emotion > CONST3 return HAPPY
if CONST3 >= state-emotion > CONST4 return HAPPY.SLIGHTLY
if CONST4 >= state-emotion >= CONST5 return NEUTRAL
if CONST5 > state-emotion >= CONST6 and trait-agreeableness >= CONST
return SAD SLIGHTLY
if CONST5 > state-emotion >= CONST6 and trait-agreeableness < CONST
return ANGRY.SLIGHTLY
if CONST6 > state-emotion >= CONST7 and trait-agreeableness >= CONST
return SAD
if CONST6 > state-emotion >= CONST7 and trait-agreeableness < CONST
return ANGRY
if CONST7 > state-emotion and trait-agreeableness >= CONST return

SAD.EXTREMELY
if CONST7 > state-emotion and trait-agreeableness < CONST return

ANGRY.EXTREMELY

I removed "state-emotion > CONST 1 return HAPPY_EXTREMELY" after the line

of "// for Lasting Emotion" and "if CONST1 >= "
in the next line. These

are redundunt.

The constunts in Generator_Emotion function are thresholds which are

dividing range of Emotional State Index (from -1.0 to 1.0) and Current

Confidence Index.. In the current implementation, we are using following

settings:

CONST = 0.0;

CONST2 = (2.0/7.0)*6.0 - 1.0 = 0.71428571428571428571428571428571
CONST3 = (2.0/7.0)*5.0 - 1.0 = 0.42857142857142857142857142857143
CONST4 = (2.0/7.0)*4.0 - 1.0 = 0.14285714285714285714285714285714
CONST5 = (2.0/7.0)*3.0 - 1.0 = -0.14285714285714285714285714285714
CONST6 = (2.0/7.0)*2.0 - 1.0 = -0.42857142857142857142857142857143
CONST7 = (2.0/7.0)*1 .0 - 1.0 = -0.71428571428571428571428571428571

We are dividing the range of Current Confidence Index equally in 2 part

by CONST. On the other hand, We are dividing the range of Emotional

State Index equally in 7 part by CONST2, 3, 4, 5, 6, 7.

Attached is pseudo codes for the interpreter and manifested The

l



implementation of these pseudo codes will be role file and loaded by

interpreter and manifester.

If you have any question, please let me know.

Best regards,

Ryota '

Wilson, Paul J. wrote:

> Dear Ryota:

>

> Attached is the revised drawings and specification. I still need some
> additional information about the Generator.Emotion function. In

> addition, I need some pseudo-code for the interpreter and manifester so

> I can properly describe them in the specification. Any pseudo-code that

> you have for e-school will be fine. Once I have those three items, the

> specification will be finished.

>

>

> /Best regards,/

>

> /Paul J. Wilson/

>

> Sughrue Mion, PLLC
>

> pwilson@sughrue.com

>

> Direct: 202-775-7585
>

> Fax: 202-293-7860

>

> *THE INFORMATION CONTAINED IN THIS COMMUNICATION (AND ANY FILES

> ATTACHED
> THERETO) IS CONFIDENTIAL, MAY BE ATTORNEY-CLIENT PRIVILEGED, AND IS

> INTENDED ONLY FOR THE USE OF THE ADDRESSEE. UNAUTHORIZED USE, DISCLOSURE
> OR COPYING IS STRICTLY PROHIBITED AND MAY BE UNLAWFUL IF YOU HAVE
> RECEIVED THIS COMMUNICATION IN ERROR, PLEASE IMMEDIATELY NOTIFY US AT
> 202-293-7060 AND DESTROY THE COMMUNICATION (AND ANY FILES ATTACHED THERETO)*
>

>

Ryota Yamada <ryamada@oas.net>

Omron Advanced Systems, Inc.

Ryota Yamada <ryamada@stanford.edu>

Media-X at Stanford University

Psychology and Design of Lifelike Agents

Ryota Yamada <ryamada@ari.ncl.omron.co.jp>

OMRON Corporation

Sensing & Control Technology Laboratory
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Wilson, Paul J

From:
Sent:

"

To:

Cc:
Subject:

Ryota Yamada [ryamada@oas.net]

Monday, May 02, 2005 7:01 PM
Wilson, Paul J.

Ritsuko Nishide; Iwamura-san; Inge, John R.; Kusakabe, Sanae
Re: Additional questions and flowcharting

Hello, Paul.

Thank you very much. I am looking forward to receiving e-mail from you

tomorrow.

Best regards,

Ryota

Wilson, Paul J. wrote:

> Dear Ryota:

>

> Thank you for the explanations and the helpful presentation. Based on

> the presentation, I am going to have to do some editing to the

> drawings and claims. I'm going to work on them tonight, and try to

> have them ready for your review tomorrow.

>

> Thanks,

> Paul

>

>
> Original Message
> From: Ryota Yamada [mailto:ryamada@oas.net]

> Sent: Friday, April 29, 2005 5:21 PM
> To: Wilson, Paul J.

> Cc: Ritsuko Nishide; Iwamura-san; Inge, John R.; Kusakabe, Sanae

> Subject: Re: Additional questions and flowcharting

>

>

> Hello, Paul.

>

> Attached is a material which I prepared to help understanding the

> processing order and what the various functions do and how they

> interrelate. Please see the material.

>

>

»Scenario 1:

»
» 1. A social event occurs with a context, and the social

»event is sent to all agents operating within the context.

>

>

> A social event will be generated by interpreter of each agent The
> source of social event is task events which depend each application and

> generated according to the context.

>

>

»One of the

»agents is the receiving agent, one agent is the sending agent and the



»others are observing agents.

>

>

> Yes.
-

>

>
» 2. • The first function that is called is TASK.REQUEST since

»the sending agent wants the receiving agent to do something (the

»context of the actual task is not relevant, since we're only concerned

>

>

»with the emotional and interrelationship states of the agent). This

»function updates the emotional state of the agent based on personality

>

>
»traits, various personality traits and an objective success indicator.

>

>

»The objective success indicator comes from the environmental context

»that the agent is operating in, and is a parameter that is input into

»the TASK REQUEST function.

>

>

> Yes.

>

> > Question: is this parameter set by the sending

>

»agent in any way, or is it strictly based on the type of social event

»that is sent, i.e., how difficult is the task?

>

>

> This parameter is set by each agent. As a basic information,

> informaton

> such as "how difficult is the task?" is sent to each agent as a

> parameter of task dependent event. Interpreter of each agent will

> calculate parameter for social event such as TASK.REQUEST referring

> parameter of task dependent event, state, trait, and role.

>

>

» * Agents that receive the social event that are

»sending or receiving agents do not execute the TASK REQUEST function.

>

>

> No. Every agent should execute TASK_REQUEST function. Calling

> TASK.REQUEST function will be done by a social event. Every social event

>

> should be sent to all agents equally.

>

>

» 3. The next function that is called is TASK.FEEDBACK so

»that the emotional and/or interrelationship states of each agent in

»the context can be updated.

>

>

> Yes.

>

>

»Question: an input parameter to TASK.FEEDBACK
»is degree. This has previously been explained as how strongly a

2



»function is called and an eSchool example was presented. Are degree"

>

>

»and "objective-probability-of-success" related to each other, and if

»so, how?
>

> •

> The "degree" and "objective-probability-of-success" are related. In

> general, if the "objective-probability-of-success" is low, it means the

> task is difficult. If an agent achived the task, the "degree" will be

> large number. In most simple case, we can use value of

> "objective-probability-of-success" for "degree".

>

>

» * If an agent was the agent that was the receiver

»of a social event, then various emotional indices are updated. In

»addition, depending on the confidence level of the receiver agent and
»some other thresholds, the UNEXPECTED EVENT function might be called.

>

>

> Yes.

>

>

» * If the UNEXPECTED.EVENT function is called, a

»flag is set in the first event buffer.

>

>

> Yes. As we discussed, it will be better to explain as "index" rather

> than "flag". It is because that will not be simple 0 or 1 . It will have
> a value of degree which indicates the degree of unexpectedness.

>
>

» * In the current pseudo code, UNEXPECTED.EVENT is

»sensed by the agent. There is no sensing of SENSORYJNPUT or

»DANGEROUS EVENT.
>

>

> Yes. SENSORYJNPUT and DANGEROUS.EVENT can be called according to

> context. Developers of each application can set timing to call these
> function in scenario or role. Developers also can put UNEXPECTED.EVENT
> in their own applications.

>

>
» * If the agent was a sending or observing agent,

»then various emotional indices are updated. The setDesiredBehavior

»sets a flag for calling the SOCIAL.FEEDBACK function later on if

»certain criteria are met.

>

>

> Yes. setDesiredBehavior set not only flag such as 0 or 1 but also

> degree
>

> which represents how strong social feedback will be. How about using

> word "index" instead of "flag"?

>

>

» 4. The next function that is called is the SOCIAL.FEEDBACK,
»which updates various emotional indicia for receiving agents and
»observing agents.

3



>

>

> Yes.

>

> <"

»This function is not called if the agent is a sending

»agent. •

>

>

> All event should sent to all agent and functions defined in pseudo

> code
> should be called in all agent equally. Whether each agent make updates

> or not should be judged by each agent. This is one of the key idea of

> our agent architecture. In the current implementation, we do not define

> changes in sender agent of SOCIAL.FEEDBACK. However, in future version,

> the changes can be added.

>

>

» 5. The GENERATEJEMOTION function is called. The current

»pseudo-code does not appear to correlate with the other functions.

»For example, there are statements such as "return SURPRISE", "return

»FEAR_RADICAL", "return.FEAR", "return.DISGUST", etc. I am guessing

»that these are parts of the emotion response message that is input

»into the emotion response categories, but I believe some further

»explanation is in order.

>

>

> GENERATEJEMOTION will be called from manifested Manifester will

> generate behavior according to role, state, trait, and emotion from

> GENERATE EMOTON.
>

>

»Scenario 2:

»
» 1 . A social event has previously occurred with a context,

»and the social event was sent to all agents operating within the

»context.
>

>

> A social event has previously sent from one of agent, and forwarded to

> each agent. Or, a task event dependent for each application which may
> cause social event (function call) such as DANGER.RESPONSE or the

> SENSORYJNPUT are sent to each agent, and interpreter of each agent

> generate DANGER.RESPONSE or the SENSORYJNPUT and drive social responce

> generator.

>

> > One of the agents is the receiving agent, one agent is the

>

»sending agent and the others are observing agents.

>

>

> Yes.

>

>

» 2. The previously occurring social event has caused either

»the DANGER.RESPONSE or the SENSORYJNPUT functions to be called by an

»agent that received the previously occurring social event, and now the

>

>
4



»second event buffer contains an event flag.

>

>

> Not only'social event, but also task event can cause socia event for

> DANGER RESPONSE or the SENSORYJNPUT.
>

> How about using word "index" instead of "flag"?

>

>
»The new social event does
»not cause the DANGER RESPONSE or SENSORYJNPUT flags to be calle

>

>
> Yes.

>

>

» 3. Another social event occurs in the context, and due to

»the context of the social event, the agent that received the

»previously occurring calls the SENSORYJNPUT.GONE or

»DANGEROUS_EVENT_GONE functions to clear the second event buffer.

>

>

> Yes.

>

>

» 4. The GENERATE_EMOTION function is called. The current

»pseudo~code does not appear to correlate with the other functions.

»For example, there are statements such as "return SURPRISE", "return

»FEAR_RADICAL", "return.FEAR", "return.DISGUST", etc. I am guessing

»that these are parts of the emotion response message that is input

»into the emotion response categories, but I believe some further

»explanation is in order.

>

>
> As I mentioned above, GENERATE_EMOTION is called from manifested

>

>

»I look forward to receiving your response.

>

>

> I wish my explanation help understanding. If you have any question or

> comment, please let me know.

>

> Best regards,

> Ryota

>

>

Ryota Yamada <ryamada@oas.net>

Omron Advanced Systems, Inc.

Ryota Yamada <ryamada@stanford.edu>

Media-X at Stanford University

Psychology and Design of Lifelike Agents



Ryota Yamada <ryamada@ari.ncI.omron.cojp>

OMRON Corporation

Sensing & Control Technology Laboratory

StrategictTechnology Marketing Group
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